A time-domain model of sound wave propagation in the branching airways of the subglottal system is presented. The model is formulated as an extension to an acoustic transmission-line modeling scheme originally developed for simulating the supraglottal system in the time-domain during speech production [Maeda (1982) . Speech Commun. 1, 199-229; Mokhtari et al. (2008). Speech Commun. 50, 179-190]. The approach allows for predictions of time-varying acoustic pressure and volume velocity at any point along the various generations of subglottal airways from trachea to alveoli. In addition, the model can be configured so that its overall structure simulates different geometric forms, including airways that branch in a symmetric or asymmetric pattern. Three subglottal configurations, two symmetric and one asymmetric, were represented based on reported anatomical dimensions of the subglottal airways. Estimates of the acoustic input impedances of these subglottal configurations revealed resonant characteristics similar to those found in the previous studies. Simulations of voiced sound propagation into the subglottal airways, achieved by coupling the subglottal model to a two-mass vocal fold model and a supraglottal tract configured for different vowels, yielded predictions of time-domain sound pressure waveforms below the vocal folds that compare favorably to previous measurements in human subjects.
I. INTRODUCTION
The subglottal system comprises the respiratory airways that extend from the superior end of the trachea to the alveoli. During phonation, sound waves generated at the glottis (the source) propagate back and forward along these subglottal airways. Such phenomena lead to subglottal resonances that can, in turn, influence the behavior of the source and alter the characteristics of the radiated speech (Klatt and Klatt, 1990; Austin and Titze, 1997; Stevens, 1998; Zhang et al., 2006; Chi and Sonderegger, 2007; Zañartu et al., 2007; Titze, 2008) . In computational models of human speech production, the subglottal system is typically treated as an ideal static pressure source (Flanagan and Landgraf, 1968; Ishizaka and Flanagan, 1972; Maeda, 1982; Sondhi and Schroeter, 1987; Lucero, 1993; Mokhtari et al., 2008) , as an acoustic circuit with predefined resonances (Koizumi et al., 1985; Cranen and Boves, 1987; Cranen and Schroeter, 1995) , or as a tubular "horn-like" structure that more or less approximates the total cross-sectional area changes along the subglottal airways [ Fig. 1(a) ] (Titze, 1984; Titze and Story, 1997; Birkholz et al., 2007; Zañartu et al., 2007) . The lack of physiological realism in these representations, however, limits the amount of relevant information that can be extracted from these models. In order to obtain quantitative insights into the transmission of speech sounds within the subglottal airways and to correlate these mathematical predictions with the anatomy of the airways and recordings overlaying the subglottal airways (e.g., on the neck at the suprasternal notch), it would be valuable, thus, to construct a numerical model that incorporates the morphology of the subglottal airways.
In this paper, we present a mathematical framework for simulating the subglottal system as an inverted "tree-like" structure that follows the branching pattern of the tracheobronchial airways. Figure 1 (b) shows a graphical conceptualization of the subglottal model configured for a symmetric branching case. The model is conceived as a concatenated series of short soft-walled cylindrical tube segments interconnected as a bifurcating network that stems from the trachea and terminates at the alveoli. The model can be configured so that its overall geometry follows simple symmetric branching patterns, where branches at the same generation are anatomically identical (also known as a regular dichotomy), or more complex asymmetric branching patterns, where branches at the same generation may not be equal (also known as irregular dichotomy).
Many studies have shown that the subglottal system exhibits a number of acoustic resonances within the frequency range of 20 to 3000 Hz. Van den Berg (1958) measured the acoustic input impedance on cadavers of dogs and humans and found resonances at 300, 870, and 1427 Hz with peak impedances of approximately 10 dyne-s=cm 5 (cgs acoustic ohms). These values, however, differ significantly from those found in later studies and, to our knowledge, have never been replicated. More conventionally accepted estimates of the subglottal resonances are those reported by Ishizaka et al. (1976) , who measured the acoustic input impedance directly from the stoma of five Japanese patients with laryngectomies. They found that on average the subglottal system exhibited resonance peaks at 640, 1400, and 2100 Hz with peak impedances of roughly 40, 50, and 35 dyne-s=cm 5 , respectively, and bandwidths ranging between 140 and 250 Hz (cf. Figs. 3 and 4 in Ishizaka et al., 1976) . Habib et al. (1994a) measured the acoustic input impedance on nine normal human subjects using a technique that involved a loudspeaker connected to a rigid tube over the frequency range of 16 to 2048 Hz. On seven of the subjects, all of them males, they found resonances at approximately 606 and 1461 Hz with peak impedances of 49 dyne-s=cm 5 each. The other two subjects, both females with lower body height and weight, exhibited only a single resonance at 920 Hz. Boves (1984) made direct measurements of subglottal pressure using a miniature pressure transducer inserted through the posterior end of the vocal folds. By means of spectral analysis, the author estimated the subglottal resonances at 475, 1175, 1945, and 2645 Hz. In a subsequent study, Cranen and Boves (1987) used an linear predictive coding (LPC) analysis technique that considered the subglottal pressure only during the closed phase of the glottal cycle and estimated the subglottal resonances at 510, 1355, and 2290 Hz. Klatt and Klatt (1990) analyzed the spectra of aspirated sounds and associated the presence of additional poles (peaks) and zeros (dips), not associated with the supraglottal formants, with the resonance frequencies of the subglottal system. With this approach, the authors found that in females, the first four poles were at approximately 750, 1650, 2350, and 3150 Hz, while in males, the second, third, and fourth poles were at 1550, 2200, and 3275 Hz, respectively.
Various acoustic models of sound wave propagation in the subglottal system have been previously developed (Ishizaka et al., 1976; Fredberg and Hoenig, 1978; Hudde and Slatky, 1989; Habib et al., 1994a; Harper et al., 2001 ). These models were generally formulated using frequency-domain techniques, which efficiently allows for the inclusion of frequency-dependent parameters, such as heat conduction losses. For the specific purpose of modeling voice production, however, the utility of frequency-domain-based subglottal models is limited by the intricacy of trying to couple them with time-domain-based vocal fold models. Although some efforts have been made toward combining time-domain vocal fold models with frequency-domain tract models (Sondhi and Schroeter, 1987) , these approaches are challenging. Time-domain models of the subglottal system, on the other hand, offer a potentially more intuitive approach for linking with vocal fold models and thus simulating the processes of voice production.
The subglottal model proposed in the present study extends from a time-domain modeling scheme initially conceived by Maeda (1982) . In his work, Maeda describes how the equations of sound wave propagation along a cascaded transmission-line (TL) network representation of the supraglottal system can be discretized and transformed into a matrix equation (i.e., a system of equations). Maeda's original scheme, however, was limited in that it could only include a single side branch cavity [the nasal tract (NT)]. Recently, Mokhtari et al. (2008) improved on Maeda's approach by allowing the scheme to include multiple side branch cavities of the supraglottal tract, representing the piriform fossae and the NT, while conveniently keeping the overall numerical computations into a single matrix equation.
The Sec. II begins with a brief summary of the improved time-domain scheme for simulating the supraglottal system. Following this, a detailed description of how the scheme can be further extended to model the subglottal system as a branching TL network is given. Three different subglottal configurations (two symmetric and one asymmetric) are then represented and their acoustic properties are examined. Finally, example scenarios of speech sound propagation into the subglottal airways are presented through the novel construction of a time-domain model of the interconnected subglottal, glottal, and supraglottal systems.
II. MODEL A. Supraglottal model
This section summarizes the enhanced time-domain modeling scheme proposed by Mokhtari et al. (2008) . The scheme simulates the complete supraglottal system, including the NT and piriform fossae, by employing a single matrix equation. This formulation will serve as the basis for constructing the subglottal model presented in Sec. II B. For more details on the original scheme we refer the reader to Maeda (1982) and Mokhtari et al. (2008) .
TL representation
One-dimensional sound wave propagation in a cylindrical tube can be modeled equivalently as electrical wave propagation in a lumped-element TL circuit [ Fig. 2(a) ], where the acoustic pressure and airflow (volume velocity) are analogous to the electric voltage and current, respectively (Fant, 1960; Flanagan, 1972) . Using the TL circuit in Fig. 2 (a) as an elementary building block, a cascaded TL network representation of the vocal tract, NT, and piriform fossae can be constructed as shown Fig. 2(b) . Here, the supraglottal airways are represented as a concatenated series of short cylindrical tube segments approximating the area functions of the supraglottal tract from the glottis to the lips, nostrils, and piriform ends. At any given TL block, n in the cascaded network, the lumped elements L n , R n , and C n , representing the tube's acoustic inertance, resistance, and capacitance, respectively, are defined as
where q, l, and c are the air density, air viscosity, and speed of sound in air, respectively. Typical values for these air properties are q ¼ 1.14 Â 10 À3 g=cm
, and c ¼ 35 400 cm=s (Flanagan, 1972) . The parameters A n and l n are the nth tube's cross-sectional area and length, respectively. The series elements L wn , R wn , and C wn represent the locally reacting yielding walls. These are defined as (Ishizaka et al., 1975) . The current source U dn accounts for the flow generated due to the "articulated" volume changes within each tube segment (e.g., during vowel transitions). This parameter is approximated by
If the tube segment remains static, then U dn ¼ 0, and the current source becomes essentially an open circuit. The radiation impedances at the mouth and nostrils are modeled as parallel inductor-resistor combinations approximating a piston in a spherical baffle (Flanagan, 1972; Titze and Sundberg, 1992) . The conductance and susceptance (inverse of resistance and inductance) at the radiating ends are defined as
where A rad is the area of the radiating port (either lips or nostrils). In the case presented in Fig. 2(b) , the vocal folds are modeled as a series inductor (L g ) and resistor (R g ) circuit elements representing the total glottal inertance and resistance and the subglottal system as an ideal static pressure source P sub .
Matrix formulation
As described by Maeda (1982) and Mokhtari et al. (2008) , the governing loop equations along a cascaded TL network can be discretized, following the rectangular rule in space and the trapezoid rule in time, and arranged into a matrix equation of the form F 5 HU The column matrices F, U, and square matrix H representing the TL network in Fig.  2(b) have the following forms: 
where the diagonal elements in H are the elements of P and b below, In addition, H also has non-diagonal elements. Elements at
The superscripts in Eqs. (5) and (6) indicate whether the elements correspond to the main vocal tract (V), left piriform (LP), right piriform (RP), or nasal tract (NT). Capital subscripts represent the number of TL blocks used to represent the main vocal tract (M), nasal tract (N), left piriform (WL), and right piriform (WR). As shown in Fig. 2(b) , the piriform fossae and NT attach to the main vocal tract between the Lth and (L þ 1)th blocks and between the Kth and (K þ 1)th blocks. The elements in the column matrix F correspond to the so-called "force functions" within each loop in the TL network and those in U correspond to the airflows entering each tube segment (or input currents into each TL block). The square matrix H, referred to as the (negative) "impedance matrix," contain the impedance parameters that relate the forces and airflows within each loop. Each row in the matrix equation represents a loop equation in the cascaded TL network.
At every time step t in the simulation, elements in F and H are computed and the system F 5 HU is solved for U. Elements in H are given by
where
and elements in F by
and where f s is the simulation sampling frequency in hertz.
At the terminating ends (glottis, lips, and nostrils) and at the junction points (where the piriform fossae and NT attach to the main vocal tract), Eqs. (7), (8a), (9), and (10f) are computed as special cases. For the elements in H, these are
where subscripts J and a stand for either JPF (junction with piriform fossae) and L or JNT (junction with nasal tract) and K (see Fig. 2 ), corresponding to the half loops preceding the junction points, I stands for either L þ 1 or K þ 1, corresponding to the half loops after the junction points, T stands for either RP, LP, or NT corresponding to the first half loop in the RP, LP, or NT (respectively), B and D stand for V and M or NT and N, corresponding to the terminating loops at the radiating ends, and where elements b B Dþ1 in Eq. (11e) are given by
For the elements in F, the corresponding special cases are calculated with the following:
where the corresponding Q elements are given by
After the matrix equation F 5 HU is solved for the airflows in U, the acoustic pressures P n along the main vocal tract, NT, and piriform fossae, and the "wall airflows" U wn are obtained with
At the radiating ends (lips and nostrils), P is computed as
Equations (1)- (17) constitute the routine that is iteratively computed at every time step throughout the algorithm to simulate the supraglottal system in Fig. 2(b) .
B. Subglottal model: mathematical derivations
The subglottal system bifurcates into progressively smaller and smaller airways dividing into approximately 24 airway generations from the trachea to the alveoli (Weibel, 1963) . Following the TL modeling methodology in the supraglottal system, it is possible to construct a TL network representation of the branching subglottal system as shown in Fig. 3 . Here, the airways in each generation are represented as a concatenated series of TL blocks. This subglottal representation contains a large number of "branching points" (circuit nodes) where a "mother" airway divides into two "sibling" airways. represents the airflow entering the mother branch. In general, the two SIBs may not be of the same length so each branch is represented in the figure as composed of p and q number of tubelets. Because airflow must be conserved at the branching point, the following condition must be satisfied
Symmetric branching
If the two sibling sub-networks to the left of the branching point in Fig. 4 (a) are assumed to be anatomically identical, then both sub-networks must exhibit the same acoustic properties. Therefore, currents U SIB1 ex and U SIB2 ex should be of equal magnitude and phase. This allows the following simplification:
Following on this simplification, the circuit in Fig. 4 (a) can be represented equivalently as shown in Fig. 4(b) , where the sibling branch 2 (SIB2) was replaced by a current source that reproduces the same output current from sibling branch 1 (SIB1). Applying this simplification at every branching point along any given subglottal pathway, from the alveolar end to the trachea, results in a TL network that consists of a main subglottal tract where the upstream airflows double at each branching point. The generalized F, U, and H matrices describing this kind of symmetric network are given by 
where subscript S stands for the number of tubelets in the subglottal pathway. Here, the row equation at any given row n is defined as
where the elements X and Y are defined as in Eqs. (22a)-(22d) corresponding to the different cases in Fig. 5 These cases pertain to whether the nth and (n þ 1)th loop equations cross a branching point or not
FIG. 3. TL network representation of the subglottal system. In this example case, the trachea, primary bronchi, and secondary bronchi are composed of T, PB, and SB number of TL blocks, respectively. The boundary condition at the alveolar end is approximated as an ideal static pressure source simulating the pulmonary pressure.
Note that case (22a) results in Eqs. (7) and (8a) corresponding to a regular loop with no branching in neither the nth nor the (n þ 1)th loop. For cases (22a) and (22d), the elements in F are computed using Eqs. (9) and (10) as in a regular loop.
For cases (22b) and (22c), Eq. (10f) is replaced with the following:
The special elements F corresponding to the alveolar boundary cases are computed as follows:
where The boundary condition at the alveolar end is approximated as an ideal pressure source, P alv , simulating the static pulmonary pressure.
Asymmetric branching
Anatomically, the subglottal airways do not always branch in a completely symmetrical fashion. There are clear anatomical differences, for instance, between the left main bronchus (LMB) and right main bronchus (RMB), where the former is normally longer and narrower than the latter. Hence, it has been previously suggested that it is necessary to account for asymmetries into subglottal models in order to reproduce its acoustic properties accurately.
From Fig. 4(a) , the generalized loop equations at the exit of the SIB1 and SIB2 can be written as
where P bp is the pressure at the branching point. Similarly, the loop equation at the first entry section of mother branch can be written as
Combining Eqs. (26) and (27) and using the equality in Eq. (18) yields the following:
In F, elements F are given by
Ideally, one could imagine that by repeating this procedure at every single branching point along the entire subglottal network, a completely asymmetrical network can be simulated. However, this approach is difficult to implement since it requires considerable computational power and memory.
Here, we undertook a more operable approach primarily inspired by the anatomical data measured by Yeh and Schum (1980) , who reported the dimensions of each major bronchus and averaged dimensions for the minor airways within each lobe (as detailed in Sec. II C 1). This approach incorporates only the largest asymmetries (occurring at lower airway generations) while keeping the smaller airways (at higher generations) as symmetric sub-networks. Specifically, the trachea, RMB, LMB, and intermediate bronchus (IMB) are each modeled as separate branches that branch following Eqs. (28)- (31), whereas the right upper lobe (RUL), right middle lobe (RML), right lower lobe (RLL), left upper lobe (LUL), and left lower lobe (LLL) are each represented as smaller separate symmetric networks. Figure 6 shows a graphical conceptualization of this asymmetric model. The resulting F and U column matrices and the P and b diagonal components of H for this subglottal configuration have the following forms: where additionally the non-diagonal elements in H at entries (Na þ 1, Nb þ 1) and (Nb þ 1, Na þ 1) are set to H 
Coupling with the supraglottal system
In the two previous studies by Maeda (1982) and Mokhtari et al. (2008) , the subglottal system was modeled as an ideal static pressure source. The use of this subglottal representation led to Eqs. (11a), (13a), and (14a), where P sub represents the static subglottal pressure source. With a subglottal structure coupled behind the glottis, however, it is necessary to modify those equations in order to account for the additional impedance and force components below the glottis. Thus, the following relationships are employed
where elements L g and R g represent the total glottal inertance and resistance, respectively. The generalized F, U, and H matrices representing the entire respiratory tract, including both subglottal and supraglottal systems, are 
The upper left quadrant of H and the upper halves of F and U correspond to the elements associated with the subglottal system, i.e., those in Eq. (20) if using a symmetric subglottal system, or Eq. (32) if using the asymmetric subglottal system. Likewise, the lower right quadrant of H and the lower halves of F and U correspond to supraglottal elements in Eq. (5). The overlapping element H V 1 corresponds to the loop crossing from the trachea, through the glottis, to the vocal tract, as described in Eq. (33a).
C. Parameter values

Airway dimensions
Numerical values of airway length and area (or diameter) are needed in order to evaluate Eqs. (1)- (3) for the TL elements in the subglottal system. In this study, we make use of the subglottal airway dimensions reported by Weibel (1963) and Yeh and Schum (1980) , which were obtained through careful measurements on casts of adult human lungs. Weibel condensed his measurements in his "Model A," while Yeh and Schum summarized theirs in the "Typical Path Lung Model" for the whole lung. Yeh and Schum, in addition, reported typical airway dimensions for each lung lobe, in their typical path lung model of the RUL, RML, RLL, LUL, and LLL. Based on these airway dimensions, we constructed three different subglottal models, two following symmetric branching (as described in Sec. II B 1), based on Weibel's model A (Weibel, 1963, p. 139 ) and Yeh and Schum's typical path lung models for the whole lung (Yeh and Schum, 1980) and one following asymmetric branching (as described in Sec. II.B.2) based on Yeh and Schum's typical path lung models of each lobe (Yeh and Schum, 1980) . Herein, these three different cases will be referred to as the Weibel sym , Y&S sym , and Y&S asym models, respectively. As in (Ishizaka et al., 1976) , we scaled all the airway lengths in Weibel's model A by a factor of 0.941. Tables I and II summarize the airway dimensions used in each configuration as a function of the generation level z, where z ¼ 0 for the trachea, z ¼ 1 for the primary bronchi, and so forth.
Subglottal walls
Previous modeling studies have shown that the subglottal walls do not behave as rigid (Ishizaka et al., 1976; Habib et al., 1994a) and thus it is important to account for yielding wall effects. As in the supraglottal system, yielding wall effects are introduced by the TL elements L wn , R wn , and C wn . Estimates of the parameters k wm , k wb , and k wk , however, are not available for the subglottal system. To determine values for the wall RLC (resistance-inductance-capacitance) elements, we use the relationships employed in Suki et al. (1993) , Habib et al. (1994a) , Habib et al. (1994b) , Harper et al. (2001) . Here, the wall elements are estimated as follows:
where q ws , g ws , and E ws are the soft walls' density, viscosity, and Young's modulus, respectively, and r n and h n are the airway radius and wall thickness, respectively. Typical values for the walls' mechanical properties are q ws ¼ 1.10 g=cm , and E ws ¼ 0.392 Â 10 6 dyne=cm (Habib et al., 1994a; Harper et al., 2001) . The airway wall thickness, h n , was approximated as a monotonically decaying function given by h n ðzÞ ¼ 0:33
where a is equal to 1.30 in Weibel sym and to 1.15 in both Y&S sym and Y&S asym . Figure 7 shows the airway wall thickness approximations as a function of the generation level z. 
Spatial discretization and simulation sampling frequency
In order to model the subglottal airways as a TL circuit, each tube segment should be no longer than $1=8 the wavelength of the highest frequency of interest (Fant, 1960) . Thus, for frequencies of interest up to 3 kHz, each subglottal airway should be partitioned into a number of shorter tube segments no longer than $1.5 cm. In these models, we therefore partitioned them into segments no longer than 0.5 cm. This yielded impedance matrices H of size 68 Â 68 for Weibel sym , 65 Â 65 for Y&S sym and 227 Â 227 for Y&S asym . With the additional elements representing the vocal folds, main vocal tract, and piriform fossae (corresponding to a vowel =a=) coupled together, the complete H matrices were of size 153 Â 153 with the Weibel sym model, 150 Â 150 with the Y&S sym model, and 312 Â 312 with the Y&S asym model. To assume only planar wave propagation in the model, it is necessary to operate below the cut-on frequency of the first nonplanar propagation mode. This cut-on frequency is given by f cuton ¼ 0:5861c 2r (Eriksson, 1980) , where c and r are the speed of sound and airway radius, respectively. Using a conservative estimate of maximum subglottal airway radius of 2 cm, this yields a prediction of plane wave propagation valid for frequencies up to $ 5 kHz. As in Mokhtari et al. (2008) , the closed ends of the piriform fossae were modeled by reducing the area of the last tubular section to 0.00001 cm 2 , thus reducing the airflow to effectively zero without causing any numerical overflow. As discussed in Maeda (1982) , the Yeh and Schum (1980) as the typical path lung models for the RUL, RML, RLL, LUL, and LLL, as well as the separate dimensions of the trachea, RMB, LMB, and the IMB. simulation sampling frequency, f s , needs to be sufficiently high in order to avoid frequency warping effects. Here, all the simulations were carried out at f s ¼ 70 kHz. The scheme was implemented using a personal computer running MATLAB.
D. Simulations
The following sections describe two simulations that were undertaken to study the subglottal models. In the first, a simple method for computing the acoustic input impedance of each subglottal system is put forth. Estimates of the acoustic input impedance are intended for allowing comparisons of the subglottal models with the subglottal properties reported in the literature. In the second set of simulations, the subglottal models are coupled to the supraglottal models (as described in Sec. II B 3) with the classical self-oscillating, two-mass model of Ishizaka and Flanagan (1972) . The simulations were carried out with different supraglottal configurations representing different vowels. The purpose of this set of simulations was to explore possible scenarios of speech sound propagation into the subglottal airways.
Subglottal input impedance
The subglottal system has been most commonly characterized by computing (in models) and=or measuring (in physical models or humans) the acoustic input impedance from the tracheal exit. In each of the three subglottal models (Weibel sym , Y&S sym , and Y&S asym ), we computed the acoustic input impedance by forcing a sinusoidal pressure source, P drv ¼ sin(2pf drv t), at the exit of the last tracheal segment. The relation of the subglottal input impedance, Z SUB in ; with the pressure driver and the input current,Ũ drv ; is then,
The magnitude of the input impedance, jZ SUB in j; and the resistance R SUB in and reactance X SUB in components are given by where h is the phase difference between P drv and U drv (omitting the complex signs $ here since the generated signals are purely real). Equations (37) and (38) were evaluated over the frequency range of f drv from 10 to 3000 Hz.
Speech sound propagation into the subglottal airways
It was also desired to explore the subglottal models under conditions of voice production in order to examine the possible scenarios of speech sound propagation into the subglottal airways. For this purpose, we used the complete system equation (including both subglottal and supraglottal systems) as described in Sec. II B 3. For all cases, the subglottal and supraglottal tracts were maintained static throughout the entire simulations. The alveolar pressure, P alv , was slowly increased to a nominal value of 7 cmH2O (6864 dyne=cm) over the first 2.5 ms of the simulation. Three supraglottal tract configurations corresponding to the vowels =a=, =e=, and =i= were considered. Here, we make use of the vocal tract and piriform fossae area functions reported in Takemoto et al. (2006) , which were obtained using a cine-magnetic resonance imaging (MRI) technique from the normal Japanese patients. For simplicity, the NT was not included in this set of simulations. In the previous studies by Maeda (1982) and Mokhtari et al. (2008) , the vocal folds were simulated with a forced-oscillation, single-mass model. In the present study, we opted for the selfoscillating, two-mass model of Ishizaka and Flanagan (1972) as it provides a more realistic approximation of the vocal fold vibrations. Thus, the circuit elements of the glottis L g and R g [in Eq. (33a)] were replaced by those of the two masses as indicated in Ishizaka and Flanagan (1972) . The vocal fold parameters used in the two-mass model are summarized in Table III .
III. RESULTS AND DISCUSSION
A. Subglottal input impedance Figure 8 shows the magnitude of the subglottal input impedances (solid lines), including their resistance (dashed lines) and reactance (dashed-dotted lines) components, estimated for each of the models (a) Weibel sym , (b) Y&S sym , and (c) Y&S asym . Table IV summarizes the subglottal resonance frequencies, peak impedances, and bandwidths of each model. In general, these results are in good agreement with those estimated from in vivo measurements in laryngectomees by Ishizaka et al. (1976) and in normal male human subjects by Habib et al. (1994a) , and to some extent with those estimated from spectral analysis of aspirated sounds in male subjects by Klatt and Klatt (1990) . The Weibel sym model, in particular, seems to be able to replicate not only the frequency locations of each subglottal resonance but also the relative amplitudes of each peak when compared to the measurements made by Ishizaka et al. (cf. Fig. 3 in Ishizaka et al., 1976) . A fourth subglottal resonance was also found in all models in the vicinity of 2700-2800 Hz (Fig. 8) . This resonance has also been observed in other theoretical models (Fant et al., 1972; Ishizaka et al., 1976) ; however, results from measurements on human subjects have shown large inter-subject variability in this frequency range.
For comparison, the input impedances of the models were also computed using a hard-walled configuration. Perfectly rigid airways can be simulated by decoupling the yielding wall elements (L wn , R wn , C wn ) in all the TL blocks along the subglottal network. The resulting subglottal input impedances with this wall configuration are shown in Fig. 9 . In general, a hard-walled configuration caused a shift of the subglottal resonances toward lower frequencies accompanied with an increase in their impedance magnitudes. This change is in agreement with the predictions in the models of Ishizaka et al. (1976) and Habib et al. (1994a) . It is interesting to notice that with this configuration, the Y&S asym model exhibits an additional resonance in the vicinity of 1800 Hz. We suspect that this extra resonance results from the dissimilar lobes resonating at slightly different frequencies. When using a soft-walled configuration, these two resonances are damped and form a single observable resonance peak.
B. Speech sound propagation into the subglottal airways
Figures 10 and 11 show the results of the simulations involving speech sound propagation into the subglottal airways obtained in the Weibel sym and Y&S sym models, respectively, for a supraglottal system configured as a vowel =a=. Each figure shows the acoustic pressure (left column) and airflow (right column) at the exit of the (a) 0th generation FIG. 11 . (Color online) Acoustic pressure (left column) and airflow (right column) waveforms at the exit of the (a) 0th generation (i.e., directly below the vocal folds), (b) 1st generation (exit of the primary bronchus), (c) 2nd generation (exit of the secondary bronchus), (d) 8th generation, and (e) 15th generation on the Y&S sym model. Source excitations were generated using a twomass vocal fold model with a supraglottal tract configured for a vowel =a=. (i.e., immediately below the glottis), (b) 1st generation, (c) 2nd generation, (d) 8th generation, and (e) 15th generation. As expected, the amplitudes of the pressure and airflow waveforms decrease rapidly as a function of the generation level since the sound energy is distributed into an effectively increasing number of airways. A particularly interesting observation that can be made from the airflow waveforms in cases (b)-(e) is the consistent presence of a secondary peak during the beginning of the closed phase. The presence of a similar peak has been commonly observed in estimates of the glottal airflow obtained from inverse filtering (Gauffin and Sundberg, 1989; . Our results seem to suggest, thus, that a plausible explanation for this secondary peak is that it is caused by the resonances of the subglottal system and is eventually "leaked" into the vocal tract through a glottal chink and=or an incomplete closure of the vocal folds. Further investigations with a vocal fold model that does not achieve complete glottal closure are needed to verify this hypothesis.
When comparing the results predicted in the Y&S sym and Y&S asym models (not shown), we observed that for most of the lower generation levels (0th, 1st, and 2nd generations), the waveforms were almost indistinguishable. Somewhat larger differences were observed at higher airway generations, however. Figure 12 depicts the subglottal pressure waveforms directly below the vocal folds (solid lines) obtained in the Weibel sym (top row) and Y&S sym (bottom row) models along with their corresponding glottal areas (dashed lines) for vowels =a=, =e=, and =i=. Here, it is noticeable that the large pressure peaks occur at the instants of glottal closure. This sudden increase in the subglottal pressure is considered to be analogous to the "water hammer" effect experienced in liquid-filled pipelines (Ishizaka et al., 1976; Boves, 1984; Sciamarella and Artana, 2009) . During the closed phase, a damped transient response is observed. This transient pattern is consistent from vowel to vowel since the subglottal resonances are predominant during this phase. During the open phase, the pressure tends to drop as air flows into the vocal tract. This portion is highly vowel dependent due to acoustic interactions arising between the subglottal and supraglottal tracts. Similar subglottal pressure patterns have been observed from the in vivo recordings made by Koike and Hirano (1973) , Boves (1985, 1987) , , Neumann et al. (2003) , and Miller and Schutte (1991) (presented in Austin and Titze, 1997) .
Based on tracheal puncture measurements on a male subject while performing repetitions of the syllable =pa=, estimated that the pressure peaks at the instant of glottal closure were approximately 40%-45% above the mean subglottal pressure, whereas the pressure drops occurring during the open phase were approximately 30%-35% below the mean subglottal pressure. In our simulations corresponding to a vowel =a= (shown in Fig. 12 ), the pressure peaks and pressure drops, calculated over 16 glottal cycles, were found to be 66% above and 37% below the mean subglottal pressure in the Weibel sym model, and 51% above and 30% below the mean subglottal pressure in the Y&S sym model, respectively. Differences between our results and those obtained by for the maximum pressure peaks may be attributed to the fact that the two-mass vocal fold model does not account for a possible glottal chink which may act as a pressure leak during the glottal closure that decreases the amplitude of the sudden peak and that in our simulations the mean subglottal pressure was lower.
IV. CONCLUSIONS
In this paper, we have presented a time-domain computational model of sound wave propagation in the subglottal system. The model recreates the branching structure of the tracheobronchial airways and extends an acoustic TL modeling scheme initially conceived by Maeda and recently FIG. 12. (Color online) Subglottal pressure waveforms (solid lines) predicted in the Weibel sym and Y&S sym models for supraglottal tract configurations corresponding to vowels =a=, =e=, and =i=. Superimposed dashed lines depict the resulting glottal area in the self-oscillating, two-mass vocal fold model. improved by Mokhtari et al. for representing the supraglottal system (Maeda, 1982; Mokhtari et al., 2008) . The current model can be configured so that it simulates a subglottal system that branches in a symmetric or asymmetric pattern. Two symmetric models, based on the anatomical data from Weibel's model A (Weibel, 1963) and Yeh and Schum's typical path lung model for the whole lung (Yeh and Schum, 1980) , and one asymmetric model, based on Yeh and Schum's typical path lung models for each lobe and major bronchi (Yeh and Schum, 1980) , were constructed, and their acoustic properties were examined by computing their respective subglottal input impedances. The resonance frequencies, peak impedances, and bandwidths estimated from these three models were in good agreement with those obtained by Ishizaka et al. (1976) from Japanese patients with laryngectomies and by Habib et al. (1994a) from normal male subjects. Comparing the estimated subglottal input impedances from the symmetric and asymmetric models, the symmetric models predict reasonably realistic subglottal resonances while maintaining a reduced computational load. In particular, we found that the symmetric model Weibel sym was capable of closely replicating both the frequency locations of the subglottal resonances and the relative amplitudes between each peak observed by Ishizaka et al. Simulations of speech sound propagation into the subglottal airways, associated with the voicing of sustained vowels, were achieved by coupling the subglottal and supraglottal systems with the classical self-oscillating, two-mass vocal fold model of Ishizaka and Flanagan (1972) . The predicted subglottal pressure waveforms directly below the vocal folds were in qualitative agreement with those previously observed from in vivo measurements.
To our knowledge, this is the first anatomically based model of the subglottal system for speech production that allows for quantitative predictions of sound wave propagation at any level of the branching airways in the time-domain. Overall, this modeling approach provides a comprehensive framework to study the impact of the subglottal system on various voiced sounds in both health and disease. Future studies that incorporate and compare the importance of branching and depth, as well as vocal fold model complexity, on various measurable speech parameters are planned.
